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DETAILED ACTION 



Response to Amendment 

1 . This is in response to an amendment/response filed on March 3^**, 2009. 

2. Claims 1,7, 11, 15 and 20 have been amended. 

3 . No claims have been cancelled. 

4. No claims have been added. 

5. Claims 1-2, 4-7, 9-15, and 17-23 are currently pending. 



Claim Rejections - 35 USC § 103 

6. The following is a quotation of 35 U.S. C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the ciitioii is not identically disclosed or described as set 
forth in section 102 of this title, if the differences bctw ecu tlic subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

7. The factual inquiries set forth in Graham v. John Deere Co., 383 U.S. 1, 148 
USPQ 459 (1966), that are applied for establishing a background for determining 
obviousness under 35 U.S.C. 103(a) are summarized as follows: 

1 . Determining the scope and contents of the prior art. 

2. Ascertaining the differences between the prior art and the claims at issue. 

3. Resolving the level of ordinary skill in the pertinent art. 

4. Considering objective evidence present in the application indicating 
obviousness or nonobviousness. 
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8. Claims 1-5, 7, 9-10, 11-13, 15, 17-19, and 20-23 are rejected under 35 U.S.C. 
103(a) as being unpatentable over Benyassine et al. (U.S. Patent 6,721,712) in view of 
Kramer et al. (U.S. Patent 6,658,027). 

For independent claim 1, Benyassine et al. disclose a system for providing frame 
rate conversion for audio data comprising a first client configured to transmit audio data 
frames at a first frame rate (see figure 1, which recite a client 120 that transmits speech 
data frames at a first transmission rate), a second client configured to receive audio data 
frames at a second frame rate, wherein the first frame rate is different from the second 
frame rate (see figure 1, which recite a client 140 that receives speech data frames at a 
different rate from the original transmission rate); and a device configured to facilitate 
transmission of audio data frames between the first client and the second client (see 
figure 1, which recite a conversion module 130 that facilitates the transmission of frames 
between the transmitter and receiver clients), and fiirther configured to repackage the 
audio data frames into one or more frames for transmission to the second client at the 
second frame rate (see column 5 lines 62-67, column 6 lines 1-2, and figure 1, which 
recite a rate decoding module 132 that repackages encoded speech signal 101 A into 
converted speech signal lOlB), 

and wherein a total amount of audio data received by the second client in the one 
or more repackaged frames is equal to a total amount of audio data transmitted by the 
first client in the audio data frames (see column 5 lines 62-67 and column 6 lines 1-2, 
which recite the conversion module 130 that receives frames containing speech audio 
data and transmitting the speech audio data to receiver 140. Since all the speech audio 
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data frames are forwarded to the destination without being dropped, all the audio data 
received by the second client is equal to all the audio data transmitted by the first client). 

Benyassine et al. disclose the subject matter of the claimed invention with the 
exception wherein the device that facilitates transmission of audio data is configured to 
store the audio data frames received from the first client in an intermediate storage area. 
Kramer et al. from the same or similar fields of endeavor disclose a method and system 
wherein a receiver does not receive a transmission at the same rate it was transmitted (see 
column 3 lines 53-55). The system uses a buffer 120 in a VoIP apparatus 100 to 
temporarily store the frames for processing (see figure 1 and column 3 lines 55-67). 
Thus, it would have been obvious to the person of ordinary skill in the art at the time of 
the invention to implement the system and method that stores frames in an intermediate 
storage area as taught by BCramer et al. with the method and system for providing frame 
rate conversion for audio data as taught by Benyassine et al. The method and system as 
taught by Kramer et al. can be combined by coupling the buffer 120 as taught by Kramer 
et al. to the rate decoding module 132 of the conversion module 130 as taught by as 
taught by Benyassine et al. in order to store received frames. The motivation for using 
the intermediate storage area with the method and system for providing frame rate 
conversion for audio data is to improve the resilience of the system against variable 
fransmission delays. 

Benyassine et al. disclose all the subject matter of the claimed invention with the 
exception wherein the audio data flames fransmitted at the first flame rate have a first 
interval between the frames, wherein the audio data flames fransmitted at the second 
frames rate have a second interval between the frames, and wherein the first interval and 
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the second interval are constant. However, even if speech-data is suspended during a 
pause in the conversation, Kramer et al. from the same or similar fields of endeavor 
disclose a method and system that uses a jitter buffer 120 (see column 3 lines 53-61) that 
stores transmitted frames and outputs the stored frames at a constant output rate (see 
column 1 lines 25-29). The jitter buffer is able to insert silence frames during gaps in 
speech (see column 2 lines 11-13) thus compensating for any suspension of speech-data 
transmission. Thus, it would have been obvious to the person of ordinary skill in the art 
at the time of the invention to implement the system and method that inserts silence 
frames during gaps in speech as taught by Kramer et al. with the method and system for 
providing frame rate conversion for audio data as taught by Benyassine et al. The 
method and system as taught by Kramer et al. can be combined by coupling the buffer 
120 with the ability to insert silence frames as taught by ICramer et al. to the rate 
decoding module 132 of the conversion module 130 as taught by as taught by Benyassine 
et al. The combination allows for the conversion module 130 as taught by Benyassine et 
al. to receive frames at a constant interval and also transmit data frames at a constant 
interval. The motivation for using the jitter buffer that is able to insert silence frames 
with the method and system for providing frame rate conversion for audio data is to 
improve the reliability of the system against buffer underflow. 

For independent claim 7, Benyassine et al. disclose a Voice-over-IP device for 
facilitating communications between a first client and a second chent the device 
comprising control logic configured to receive audio data frames from the first client at a 
first frame rate (see figure 1, which recite a conversion module 130 that receives speech 
data frames at a first transmission rate from client 120); and confrol logic to repackage 
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the stored audio data frames into one or more frames for fransmission to the second client 
at a second frame rate (see column 5 lines 62-67, column 6 lines 1-2, and figure 1, which 
recite a rate decoding module 132 that repackages encoded speech signal 101 A into 
converted speech signal 101 B); and a control logic configured to transmit the one or more 
repackaged frames to the second client at the second frame rate wherein the first frame 
rate is different from the second frame rate (see figure 1, which recite a conversion 
module 130 that transmits speech data frames at a rate different from the original 
transmission rate to client 140), 

and wherein a total amount of audio data received by the second client in the one 
or more repackaged frames is equal to a total amount of audio data transmitted by the 
first client in the audio data frames (see column 5 lines 62-67 and column 6 lines 1-2, 
which recite the conversion module 130 that receives frames containing speech audio 
data and transmitting the speech audio data to receiver 140. Since all the speech audio 
data frames are forwarded to the destination without being dropped, all the audio data 
received by the second client is equal to all the audio data transmitted by the first client). 

Benyassine et al. disclose the subject matter of the claimed invention with the 
exception of a control logic used to store the audio data frames from the first client in an 
intermediate storage area. Kramer et al. from the same or similar fields of endeavor 
disclose a method and system wherein a receiver does not receive a transmission at the 
same rate it was transmitted (see column 3 lines 53-55). The system uses a buffer 120 in 
a VoIP apparatus 100 to temporarily store the frames for processing (see figure 1 and 
column 3 lines 55-67). Thus, it would have been obvious to the person of ordinary skill 
in the art at the time of the invention to implement the system and method that stores 
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frames in an intermediate storage area as taught by BCramer et al. with the method and 
system for providing frame rate conversion for audio data as taught by Benyassine et al. 
The method and system as taught by Kramer et al. can be combined by coupling the 
buffer 120 as taught by Kramer et al. to the rate decoding module 132 of the conversion 
module 130 as taught by as taught by Benyassine et al. in order to store received frames. 
The motivation for using the intermediate storage area with the method and system for 
providing frame rate conversion for audio data is to improve the resilience of the system 
against variable transmission delays. 

Benyassine et al. disclose all the subject matter of the claimed invention with the 
exception wherein the audio data flames fransmitted at the first flame rate have a flrst 
interval between the frames, wherein the audio data flames transmitted at the second 
frames rate have a second interval between the frames, and wherein the first interval and 
the second interval are constant. However, even if speech-data is suspended during a 
pause in the conversation, Kramer et al. from the same or similar fields of endeavor 
disclose a method and system that uses a jitter buffer 120 (see column 3 lines 53-61) that 
stores transmitted frames and outputs the stored frames at a constant output rate (see 
column 1 lines 25-29). The jitter buffer is able to insert silence frames during gaps in 
speech (see column 2 lines 11-13) thus compensating for any suspension of speech-data 
transmission. Thus, it would have been obvious to the person of ordinary skill in the art 
at the time of the invention to implement the system and method that inserts silence 
frames during gaps in speech as taught by Kramer et al. with the method and system for 
providing frame rate conversion for audio data as taught by Benyassine et al. The 
method and system as taught by Kramer et al. can be combined by coupling the buffer 
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120 with the ability to insert silence frames as taught by ICramer et al. to the rate 
decoding module 132 of the conversion module 130 as taught by as taught by Benyassine 
et al. The combination allows for the conversion module 130 as taught by Benyassine et 
al. to receive frames at a constant interval and also transmit data frames at a constant 
interval. The motivation for using the jitter buffer that is able to insert silence frames 
with the method and system for providing frame rate conversion for audio data is to 
improve the reliability of the system against buffer underflow. 

For independent claim 11, Benyassine et al. disclose a system for providing 
frame rate conversion for audio data comprising a first client configured to fransmit audio 
data frames at a first frame rate (see figure 1, which recite a client 120 that transmits 
speech data frames at a first transmission rate), a second client configured to receive 
audio data frames at a second frame rate, wherein the first frame rate is different from the 
second frame rate (see figure 1, which recite a client 140 that receives speech data frames 
at a different rate from the original transmission rate), and a device configured to 
repackage the stored audio data frames into one or more frames for transmission to the 
second cUent at the second frame rate (see column 5 lines 62-67, column 6 lines 1-2, and 
figure 1, which recite a rate decoding module 132 that repackages encoded speech signal 
101 A into converted speech signal 10 IB), 

and wherein a total amount of audio data received by the second client in the one 
or more repackaged frames is equal to a total amount of audio data fransmitted by the 
first client in the audio data frames (see column 5 lines 62-67 and column 6 lines 1-2, 
which recite the conversion module 180 that receives frames containing speech audio 
data and transmitting the speech audio data to receiver 140. Since all the speech audio 
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data frames are forwarded to the destination without being dropped, all the audio data 
received by the second client is equal to all the audio data transmitted by the first client). 

Benyassine et al. disclose the subject matter of the claimed invention with the 
exception of an intermediate storage area configured to store audio data frames received 
fi-om the first client. Kramer et al. from the same or similar fields of endeavor disclose a 
method and system wherein a receiver does not receive a transmission at the same rate it 
was transmitted (see column 3 lines 53-55). The system uses a buffer 120 in a VoIP 
apparatus 100 to temporarily store the frames for processing (see figure 1 and column 3 
lines 55-67). Thus, it would have been obvious to the person of ordinary skill in the art at 
the time of the invention to implement the system and method that stores frames in an 
intermediate storage area as taught by Kramer et al. with the method and system for 
providing frame rate conversion for audio data as taught by Benyassine et al. The 
method and system as taught by Kramer et al. can be combined by coupling the buffer 
120 as taught by Kramer et al. to the rate decoding module 132 of the conversion module 
130 as taught by as taught by Benyassine et al. in order to store received frames. The 
motivation for using the intermediate storage area with the method and system for 
providing frame rate conversion for audio data is to improve the resilience of the system 
against variable fransmission delays. 

Benyassine et al. disclose all the subject matter of the claimed invention with the 
exception wherein the audio data flames transmitted at the first flame rate have a first 
interval between the frames, wherein the audio data flames transmitted at the second 
frames rate have a second interval between the frames, and wherein the first interval and 
the second interval are constant. However, even if speech-data is suspended during a 
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pause in the conversation, BCramer et al. from the same or similar fields of endeavor 
disclose a method and system that uses a jitter buffer 120 (see column 3 lines 53-61) that 
stores transmitted frames and outputs the stored frames at a constant output rate (see 
column 1 lines 25-29). The jitter buffer is able to insert silence frames during gaps in 
speech (see column 2 lines 11-13) thus compensating for any suspension of speech-data 
fransmission. Thus, it would have been obvious to the person of ordinary skill in the art 
at the time of the invention to implement the system and method that inserts silence 
frames during gaps in speech as taught by Kramer et al. with the method and system for 
providing frame rate conversion for audio data as taught by Benyassine et al. The 
method and system as taught by Kramer et al. can be combined by coupling the buffer 
120 with the ability to insert silence frames as taught by BCramer et al. to the rate 
decoding module 132 of the conversion module 130 as taught by as taught by Benyassine 
et al. The combination allows for the conversion module 130 as taught by Benyassine et 
al. to receive frames at a constant interval and also transmit data frames at a constant 
interval. The motivation for using the jitter buffer that is able to insert silence frames 
with the method and system for providing frame rate conversion for audio data is to 
improve the reliability of the system against buffer underflow. 

For independent claim 15, Benyassine et al. disclose a method for providing 
frame rate conversion for audio data, the method comprising receiving audio data frames 
from a first client at a first frame rate (see figure I, which recite a conversion module 130 
that receives speech data jrames at a first transmission rate from client 120); converting 
the received audio data frames into one or more frames (see figure 1 and column 5 lines 
50-67, which recite a rate converting module 134 that converts encoded speech signal 
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101 A into converted speech signal 10 IB); and transmitting the one or more frames to a 
second client at a second frame rate; wherein the first frame rate is different from the 
second frame rate (see figure 1, which recite a conversion module 130 that transmits 
speech data frames at a rate difierent fi^om the original transmission rate to client 140), 

and wherein a total amount of audio data received by the second client in the one 
or more repackaged frames is equal to a total amount of audio data fransmitted by the 
first client in the audio data frames (see column 5 lines 62-67 and column 6 lines 1-2, 
which recite the conversion module 130 that receives frames containing speech audio 
data and transmitting the speech audio data to receiver 140. Since all the speech audio 
data frames are fi)rwarded to the destination without being dropped, all the audio data 
received by the second client is equal to all the audio data transmitted by the first client). 

Benyassine et al. disclose the subject matter of the claimed invention with the 
exception of storing the received audio data frames in an intermediate storage area. 
Kramer et al. from the same or similar fields of endeavor disclose a method and system 
wherein a receiver does not receive a fransmission at the same rate it was transmitted (see 
column 3 lines 53-55). The system uses a buffer 120 in a VoIP apparatus 100 to 
temporarily store the frames for processing (see figure 1 and column 3 lines 55-67). 
Thus, it would have been obvious to the person of ordinary skill in the art at the time of 
the invention to implement the system and method that stores frames in an intermediate 
storage area as taught by Kramer et al. with the method and system for providing frame 
rate conversion for audio data as taught by Benyassine et al. The method and system as 
taught by BCramer et al. can be combined by coupling the buffer 120 as taught by Kramer 
et al. to the rate decoding module 132 of the conversion module 130 as taught by as 
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taught by Benyassine et al. in order to store received frames. The motivation for using 
the intermediate storage area with the method and system for providing frame rate 
conversion for audio data is to improve the resilience of the system against variable 
fransmission delays. 

Benyassine et al. disclose all the subject matter of the claimed invention with the 
exception wherein the audio data flames fransmitted at the first flame rate have a flrst 
interval between the frames, wherein the audio data flames transmitted at the second 
frames rate have a second interval between the frames, and wherein the first interval and 
the second interval are constant. However, even if speech-data is suspended during a 
pause in the conversation, Kramer et al. from the same or similar fields of endeavor 
disclose a method and system that uses a jitter buffer 120 (see column 3 lines 53-61) that 
stores transmitted frames and outputs the stored frames at a constant output rate (see 
column 1 lines 25-29). The jitter buffer is able to insert silence frames during gaps in 
speech (see column 2 lines 11-13) thus compensating for any suspension of speech-data 
transmission. Thus, it would have been obvious to the person of ordinary skill in the art 
at the time of the invention to implement the system and method that inserts silence 
frames during gaps in speech as taught by Kramer et al. with the method and system for 
providing frame rate conversion for audio data as taught by Benyassine et al. The 
method and system as taught by Kramer et al. can be combined by coupling the buffer 
120 with the ability to insert silence frames as taught by Kramer et al. to the rate 
decoding module 132 of the conversion module 130 as taught by as taught by Benyassine 
et al. The combination allows for the conversion module 130 as taught by Benyassine et 
al. to receive frames at a constant interval and also transmit data frames at a constant 
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interval. The motivation for using the jitter buffer that is able to insert silence frames 
with the method and system for providing frame rate conversion for audio data is to 
improve the rehabihty of the system against buffer underflow. 

For independent claim 20, Benyassine et al. disclose a method for providing 
frame rate conversion for audio data, the method comprising receiving audio data frames 
from a first client at a first frame rate (see figure 1, which recite a conversion module 130 
that receives speech data frames at a first transmission rate from client 120); 
repackaging the stored audio data frames into one or more frames (see column 5 lines 62- 
67, column 6 lines 1-2, and figure 1, which recite a rate decoding module 132 that 
repackages encoded speech signal 101 A into converted speech signal lOlB); and 
transmitting the one or more frames to a second client at a second frame rate; wherein the 
first frame rate is different from the second frame rate (see figure 1, which recite a 
conversion module 130 that transmits speech data frames at a rate different from the 
original transmission rate to client 140), 

and wherein a total amount of audio data received by the second client in the one 
or more repackaged frames is equal to a total amount of audio data fransmitted by the 
first client in the audio data frames (see column 5 lines 62-67 and column 6 lines 1-2, 
which recite the conversion module 130 that receives frames containing speech audio 
data and transmitting the speech audio data to receiver 140. Since all the speech audio 
data frames are forwarded to the destination without being dropped, all the audio data 
received by the second client is equal to all the audio data transmitted by the first client). 

Benyassine et al. disclose the subject matter of the claimed invention with the 
exception of storing the received audio data frames in an intermediate storage area. 
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Kramer et al. from the same or similar fields of endeavor disclose a method and system 
wherein a receiver does not receive a transmission at the same rate it was transmitted (see 
column 3 lines 53-55). The system uses a buffer 120 in a VoIP apparatus 100 to 
temporarily store the frames for processing (see figure I and column 3 lines 55-67). 
Thus, it would have been obvious to the person of ordinary skill in the art at the time of 
the invention to implement the system and method that stores frames in an intermediate 
storage area as taught by Kramer et al. with the method and system for providing frame 
rate conversion for audio data as taught by Benyassine et al. The method and system as 
taught by Kramer et al. can be combined by coupling the buffer 120 as taught by Kramer 
et al. to the rate decoding module 132 of the conversion module 130 as taught by as 
taught by Benyassine et al. in order to store received frames. The motivation for using 
the intermediate storage area with the method and system for providing frame rate 
conversion for audio data is to improve the resilience of the system against variable 
fransmission delays. 

Benyassine et al. disclose all the subject matter of the claimed invention with the 
exception wherein the audio data flames fransmitted at the first flame rate have a first 
interval between the frames, wherein the audio data flames fransmitted at the second 
frames rate have a second interval between the frames, and wherein the first interval and 
the second interval are constant. However, even if speech-data is suspended during a 
pause in the conversation, Kramer et al. from the same or similar fields of endeavor 
disclose a method and system that uses a jitter buffer 120 (see column 3 lines 53-61) that 
stores fransmitted frames and outputs the stored frames at a constant output rate (see 
column 1 lines 25-29). The jitter buffer is able to insert silence frames during gaps in 
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speech (see column 2 lines 11-13) thus compensating for any suspension of speech-data 
transmission. Thus, it would have been obvious to the person of ordinary skill in the art 
at the time of the invention to implement the system and method that inserts silence 
frames during gaps in speech as taught by Kramer et al. with the method and system for 
providing frame rate conversion for audio data as taught by Benyassine et al. The 
method and system as taught by Kramer et al. can be combined by coupling the buffer 
120 with the ability to insert silence frames as taught by Kramer et al. to the rate 
decoding module 132 of the conversion module 130 as taught by as taught by Benyassine 
et al. The combination allows for the conversion module 130 as taught by Benyassine et 
al. to receive frames at a constant interval and also transmit data frames at a constant 
interval. The motivation for using the jitter buffer that is able to insert silence frames 
with the method and system for providing frame rate conversion for audio data is to 
improve the reliability of the system against buffer underflow. 

For claim 2, Benyassine et al. disclose a system for providing frame rate 
conversion for audio data wherein the device is fiirther configured to receive the audio 
data frames from the first client at the first frame rate and convert the audio data frames 
for transmission to the second client at the second frame rate (see figure 1 and column 5 
lines 50-67, which recite a rate converting module 134 that converts encoded speech 
signal 101 A into converted speech signal lOlB). 

For claims 4, 9, 12, 17, and 21, Benyassine et al. disclose a system and method 
for providing frame rate conversion wherein the system is implemented in software, 
hardware or a combination of both (see column 3 lines 38-43, which recite implementing 
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the functional blocks of the system as hardware components and/or software components 
configured to perform the specified functions). 

For claims 5, 10, 13, 19, and 23, Benyassine et al. disclose a system and method 
for providing frame rate conversion for audio data wherein the first client and the second 
client include telephonic equipment (see column 4 lines 15-19, which recite a client 
vocoder that is a CDMA cellular telephone) and computers (see column 1 lines 59-64 and 
column 5 lines 16-29, which recite a client vocoder computer system configured to 
operate in G. 729 VoIP systems). 

9. Claims 6, 14, 18, and 22 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Benyassine ct al. (U.S. Patent 6,721,712) and Kramer et al. (U.S. 
Patent 6,658,027) as applied to claims 1, 11, 15, and 20 and further in view of Mizusawa 
et al. (U.S. Patent Application PubUcation 2002/0037002). 

For claims 6, 14, 18, and 22, Benyassine et al. and Kramer et al. disclose all the 
subject matter of the claimed invention with the exception that a Voice-over-IP gateway 
is used for facilitating the communications between a first client configured to transmit 
audio data at a first frame rate and a second client configured to receive audio data at a 
second frame rate. Mizusawa et al. from the same or similar fields of endeavor disclose a 
VoIP gateway device for performing frame conversion of frame formats with different bit 
rates (see paragraph 9). Thus, it would have been obvious to the person of ordinary skill 
in the art at the time of the invention to use the VoIP gateway for frame conversion as 
taught by Mizusawa et al. with the system and method for facilitating the 
communications between a first client configured to fransmit audio data at a first frame 
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rate and a second client configured to receive audio data at a second frame rate as taught 
by Benyassine et al. and Kramer et al. Thus, the VoIP gateway device for performing 
frame conversion of frame formats as taught by Mizusawa et al. can configured to 
perform the function of the conversion module 130 through software as taught by 
Benyassine et al. and Kramer et al. The VoIP gateway can then be deployed as the 
conversion module. The motivation for using the VOIP gateway device for performing 
frame conversion of frame formats as taught by Mizusawa et al. with the system and 
method for facilitating the communications between a first client configured to transmit 
audio data at a first frame rate and a second client configured to receive audio data at a 
second frame rate as taught by Benyassine et al. and Kramer et al. is to improve 
compatibility of the system by providing VoIP access as well as additional fiinctions of 
private branch exchanges. 



Response to Arguments 

10. It is noted with appreciation that the Applicant has carefully considered the 
previous Office Action and the cited prior art references. However, the Applicant's 
arguments filed March 3^**, 2009 regarding the 35 USC 103(a) rejections have been fiiUy 
considered but are not persuasive. 

Claims 1-5, 7, 9-10, 11-13, 15, 17-19, and 20-23 were previously rejected under 
35 U.S.C. 103(a) as being unpatentable over Benyassine et al. (U.S. Patent 6,721,712), 
hereinafter referred to as "Benyassine," in view of Kramer et al. (U.S. Patent 6,658,027), 
hereinafter referred to as "BCramer." The Applicant suggests that, "Benyassine describes 
two possible configurations: (1) a DTX-enabled transmitter communicating with a non- 
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DTX receiver, and (2) a non-DTX enabled transmitter communicating with a DTX- 
enabled receiver" (see Applicant's remarks, page 8 lines 1-3). 

For the first configuration, the Apphcant alleges that, "the rate conversion module 
130 converts the continuous stream of data Irom the non-DTX transmitter into a 
discontinuous stream of data for the DTX-enabled receiver by dropping data for periods 
where no speech is being transmitted" (see Applicant's remarks, page 9 lines 9-12). 
However, it is noted that the frames that are dropped contain background information 
such as energy level and spectrum represented (see Benyassine, column 6 lines 36-39). In 
contrast, frames containing speech audio data received by the conversion module 130 are 
transmitted to the receiver 140 (see Benyassine, column 5 lines 62-67 and column 6 lines 
1-2). Therefore, using the broadest reasonable interpretation, since all the speech audio 
data frames are forwarded to the destination without being dropped, all the audio data 
received by the second cUent is equal to all the audio data transmitted by the first client as 
recited by the independent claims. 

For the second configuration, the Applicant alleges that, "the rate conversion 
module 130 converts the discontinuous stream of data from the DTX-enabled transmitter 
into a continuous stream of data for the non-DTX receiver" (see Applicant 's remarks, 
page 9 lines 22-24). However, it is noted that the frames that are inserted to provide a 
continuous stream of data contain background information such as energy level and 
spectrum represented (see Benyassine, column 9 lines 14-17). In contrast, frames 
containing speech audio data received by the conversion module 230 are transmitted to 
the receiver 220 (see Benyassine, column 9 lines 1-5). Therefore, using the broadest 
reasonable interpretation, since all the speech audio data frames are forwarded to the 
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destination without being dropped, all the audio data received by the second client is 
equal to all the audio data transmitted by the first client as recited by the independent 
claims. 

For at least the reasons provided above, the Applicant's arguments regarding the 
independent claim are not persuasive. The Applicant further argues that since the 
dependent claims depend on the argued independent claims, they are patentable by virtue 
of their dependencies. Since the Applicant's arguments regarding the independent claims 
are not persuasive, the applicant's arguments regarding the dependent claims are also not 
persuasive. 



Conclusion 

1 1 . The prior art made of record and not relied upon is considered pertinent to 
apphcant's disclosure. (See form PTO-892). 

Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to BEN H. LIU whose telephone number is (571)270-31 18. 
The examiner can normally be reached on 9:00AM to 6:30PM. 

If attempts to reach the examiner by telephone are unsuccessfiil, the examiner's 
supervisor, Ricky Ngo can be reached on (571)272-3 139. The fax phone number for the 
organization where this application or proceeding is assigned is 571-273-8300. 
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Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. Status 
information for unpublished applications is available through Private PAIR only. For 
more information about the PAIR system, see http://pair-direct.uspto.gov. Should you 
have questions on access to the Private PAIR system, contact the Electronic Business 
Center (EEC) at 866-217-9197 (toll-free). If you would like assistance from a USPTO 
Customer Service Representative or access to the automated information system, call 
800-786-9199 (IN USA OR CANADA) or 571-272-1000. 

/Ricky Ngo/ 

Supervisory Patent Examiner, Art Unit 
2416 
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